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ABSTRACT 
Bandpass Limiter is a limiter that has a bandpass filter included 
in its design. When an audio signal is input into the limiter, it 
band-passes the audio signal before it gets to the limiter stage. 
The Bandpass Limiter can process mono as well as stereo files 
and it gives the user an option to use it as a mastering limiter as 
well as a bandpass limiter, where the low cut and high cut 
frequencies are defined by the user. All the parameters of the 
limiter like limiter threshold, attack time and release time can be 
defined by the user.      
1.   INTRODUCTION 
Limiter is an essential tool used in the mixing as well as 
mastering stage of audio production. Its main function is to 
control and reduce the highest peaks in an audio signal. Limiters 
are used for other purposes like maintaining broadcast levels, 
lower the dynamic range of an audio signal to make it louder and 
to avoid distortion in the audio signal. However, a generic limiter 
analyses the peaks in the audio signal regardless of their 
frequency and is affected by all the frequency content in the audio 
signal. It is easy to miss noise that lies outside of the human 
hearing range and this noise can trigger the limiter at a wrong 
time causing undesirable distortion. 
 
A possible solution to this problem is to bandpass the audio signal 
before feeding it to a limiter. This bandpass filter should pass all 
the frequencies that lie in the human audible frequency spectrum 
(20 Hz – 20 kHz) and filter out all the frequencies outside this 
range.  
2.   PROBLEM WITH GENERIC LIMITER 
A limiter lowers the peaks of a signal to a limiter threshold that 
is set by the user. The gain reduction ratio of a limiter is infinite. 
This means that it does not let the peaks of the audio signal to 
pass over the set limiter threshold. Typically, a limiter also has a 
fast attack time of less than 10 milliseconds and a slower release 
time up to 5000 milliseconds. The attack time and the release 
times can be set by the user as well. Figure 1 shows the block 
diagram of a limiter.  
 
 
Figure 1.  Block diagram of a limiter [1]. 
 
 
A limiter can be expressed as follows [1] –  
 𝐺 = 0	  𝑑𝐵, 𝑋 < 𝐿𝑇𝐿𝑇 − 𝑋, 𝑒𝑙𝑠𝑒  
 
Y= X + G 
 
From the block diagram of the limiter (Figure 1), it can be 
observed that the limiter analyses only the peaks of the audio 
signal and does not analyze the frequency content of the audio 
signal. So, if there is noise or peaks in the inaudible frequency 
range of the audio signal that are above the set limiter threshold, 
the limiter will get triggered and these peaks will be reduced. In 
some cases, this inaudible noise or peaks can get distorted and 
become audible. Although distortion is desired in some cases, 
this type of distortion is non-harmonic and it causes undesired 
output.  
 
To test how a generic limiter affects a noisy signal, low frequency 
noise (1 Hz – 10 Hz) was added to an audio signal. This signal 
was then processed through a generic limiter named Waves L1 
Limiter. Figure 2 shows the output of the noisy audio signal 
before and after processing it through the limiter.  
 
     
Figure 2. Noisy audio signal before and after processing through 
Waves L1 Limiter.   
 
It can be observed that the limiter is distorting the signal. The 
unprocessed signal sounded clean because the noise was outside 
the human audible frequency spectrum. But upon processing, the 
noise got distorted and low frequency pops could be heard.  
 
It is a common practice to use high pass and low pass filters on 
individual channels of a multitrack session, but sometimes this 
noise can pass unnoticed due to human error or faulty hardware. 
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Also, it can be very hard to track down the source of noise in huge 
sessions.  
3.   BANDPASS LIMITER 
In order to prevent inaudible noise or clicks outside the human 
audible frequency spectrum to trigger the limiter at a wrong time, 
a bandpass filter is integrated into the design of a limiter. The 
limiter script written by M. Holters in DAFx book was used to 
build the bandpass limiter [2].   
3.1.   Specifications 
The Bandpass Limiter has a bandpass filter built into it. When an 
audio signal is input into the bandpass limiter, it is first processed 
by a bandpass filter and then it is passed on to the limiter. Figure 
3 shows the block diagram of the Bandpass Limiter.  
 
 
 
Figure 3.  Block diagram of Bandpass Limiter. 
 
The Bandpass Limiter can process mono as well as stereo files. 
When a stereo file is input into the bandpass limiter, it first passes 
through the bandpass filter. After the filter stage, the channels of 
the stereo file are split and the left and the right channels are 
processed by the limiter separately. Once the processing is 
completed, the left and right channels are combined back 
together and the output is a stereo file.  
 
This limiter threshold, attack time and release time can be defined 
by the user. The Bandpass Limiter gives an option to be used as 
a mastering limiter or as a bandpass limiter. If the user selects 
mastering option, the bandpass filter passes all the frequencies 
from 20 Hz to 20 kHz are passed through to the limiter stage. 
This means that the filter cuts all the frequencies below 20 Hz 
and above 20 kHz. When in mastering mode, the bandpass limiter 
uses a 10th order Butterworth Bandpass Filter. The user can then 
set the attack time, release time and limiter threshold.  
 
When the bandpass option is selected, the user is asked to set the 
low cut and the high cut frequencies for the bandpass filter. The 
filter then passes only those frequencies that lie within the range 
set by the user. The bandpass mode uses a 6th order Butterworth 
Bandpass Filter. Again, the user can set the attack time, release 
time and the limiter threshold for the limiter. 
 
Once the processing is completed, the bandpass limiter gives the 
user an option to write the processed audio signal as a Wave 
(*.wav) file.  
3.2.   Implementation 
The Bandpass Limiter can be launched as a standalone program 
or as a standard audio plugin to be used in a digital audio 
workstation. The graphical user interface (GUI) of the Bandpass 
Limiter can be made simple with 3 knobs to adjust the limiter 
threshold, attack time and release time. The real-time plugin 
version of the limiter can have a bypass switch to bypass the 
bandpass limiter. The standalone version of the bandpass limiter 
can have all the features of the plugin version except the bypass 
switch. Additional features of the standalone version can include 
a switch to toggle between real-time and non-real-time or offline 
processing. Non-real-time or offline processing can be used to 
save time. The standalone version can also have an option to 
export and save the processed audio signal as an audio file.  
3.3.   Evaluation 
The Bandpass Limiter was tested with a number of different 
audio signals. These included mono mono as well as stereo files. 
The files chosen to test the performance of the limiter had clean 
signals as well as noisy signals. To test the performance of of the 
bandpass limiter in the mastering mode for as song, low 
frequency noise from 1 Hz to 10 Hz was added to a song and used 
in the mastering mode. 
  
 
Figure 4. Song with low frequency noise before and after 
processing in the mastering mode.  
 
The parameters used in this test were as follows –  
Limiter Threshold: 0.2 
Attack Time: 0.3 
Release Time: 1 
 
Although this high amount of noise is unlikely in real world, it 
was used to test the performance of the bandpass limiter in 
extreme cases. From the tests conducted, it can be observed that 
the bandpass limiter performs very well under simple as well as 
extreme conditions.  
 
The recommended ranges for the parameters are given in the 
script and the bandpass limiter performs well in most of the cases. 
But the output of the processor depends on the input signal. The 
extreme limits of the recommended range for the parameters may 
or may not work for all the cases. In such cases, the desired 
outcome can be achieved easily by trying out different 
parameters to suit the application.    
4.   FURTHER DEVELOPMENT 
There can be a few features that can be added to the current 
version of the Bandpass Limiter. These features include addition 
of metering to observe the levels of input and output signals in 
real time. The current version cannot process audio signals that 
contain more than 2 channels of audio data. In future, this version 
can be modified to add support for 3 – 8 channels so that it can 
be used to process audio signals for 2.1, 5.1 and 7.1 systems. By 
adding the support for 3 – 8 channels of audio, this limiter can be 
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used as a mastering tool for film and television audio 
applications.  
 
5.   CONCLUSION 
The Bandpass Limiter can be used for a lot of applications and 
can prove to be a powerful tool in avoiding undesired distortion 
in an audio signal due to presence of noise or clicks that lie 
outside of the human audible frequency spectrum. It can be a 
useful tool for users that are new to audio engineering as well as 
professionals that work with large multi-track sessions. It can 
help in minimizing human error as well as undesired artifacts 
caused due to hardware defects.  
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